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RADIO MICROPHONES: A QUADRUPLE-DIVERSITY RECEPTION SYSTEM 

R.D.C. Thoday, C.Eng., M.I.E.R.E. 



1. Introduction 

In many studio situations involving radio-microphone 
operation, complete freedom of movement of the performer 
has been restricted by the uncertainty of the radio link 
between performer and control suite. The difficulties 
arising are a direct result of standing waves set up by 
reflection of the transmitted r.f. signal from the various 
surfaces encountered within the studio, e.g. walls, lighting 
gantries, cameras, scenery etc. The standing-wave pattern 
can cause signal at the receiving point to fall to a level near 
or below that at which the mute of the receiver operates. 

An investigation into the propagation of r.f. signals 
in studios has shown that a great improvement in the 
reliability of the radio-microphone links would be obtained 
if diversity reception were to be employed. The report 
describing this investigation considered the improvement 
obtainable by using dual-channel diversity reception. It 
also suggested that because propagation measurement were 
made under somewhat idealised conditions, the studios con- 
taining little or no equipment or scenery, a four-receiver 
diversity system should be employed to cover most even- 
tualities which may occur under full operational con- 
ditions.* This report describes a prototype diversity 
system with digital control which can operate with up to 
four receiving aerials. 

2. Choice of system 

■i 

The earlier report showed that there was little statis- 
tical evidence for giving preference to any particular band 
of frequencies as far as studio use was concerned, so that 
the choice of frequency should be made on the ground of 
availability of equipment capable of providing both good 
performance and convenience in use. Generally, it appears 
that these requirements can be met using frequencies near 
or in Band III: many commercial radio-microphone equip- 
ments are designed to operate near this Band. 

It is common practice for radio-microphone systems 
to use frequency modulation, and the choice of system con- 
sidered to accomplish diversity reception was made from 
possible methods of combining receivers designed for use 
with this modulation system. 

Diversity combining can be achieved in various ways; 
it can be performed either before or after detection. The 
signals can be switched, added linearly or in varying 
proportions. 

Selection combining, which can be performed at r.f. 
or a.f., is a relatively simple method, requiring a receiver 
for each receiving aerial. This system tends to generate 
transient noise, and sudden changes in the level of random 
noise, when switching between channels occurs. Diffi- 
culties may arise with fast fluctuations of signal, if the 

* The advantage for four receiver diversity is illustrated further in 
Appendix II of this report. 



switching is not carried out rapidly enough or if there is 
a time lag in the control signal. The signal-to-noise ratio 
is never better than that of the best channel. 

Pre-detection linear addition of r.f. or i.f. signals can 
be achieved using phase adjustment between the various r.f. 
signal inputs. The system will produce optimal signal-to- 
noise ratio provided that both the relative phases and the 
relative amplitudes of the signal inputs are automatically 
kept adjusted to the optimum values. Most systems of 
this type require as many r.f. or i.f. channels as controlled 
inputs, although one proposed system uses only one 
receiver; it uses external tone modulation of the input 
carriers to provide phase indication for control of the r.f. 
phasing networks. Using these systems phase control must 
be applied over the whole range of input r.f. voltages. If 
the control of phase is not rapid enough zero input to the 
receiver is possible even when large r.f. signals are available 
at the reception points. In the studio the phase variation 
between receiving points can be expected to be rapid and 
very large so that design of the circuits for controlling the 
phases would be difficult. 

Frequency diversity uses two or more frequency 
channels. It presents two main difficulties: 

1) The need for two operating channels in the trans- 
mitter, possibly requiring two output stages with 
combining networks, so increasing transmitter size 
and battery consumption. 

2) Increased use of valuable frequency spectrum. 

The last system considered is post-detection com- 
bining, in which weighted contributions from several 
receivers operating on the same frequency are added to- 
gether to give a composite audio output. In operation the 
output signal-to-noise ratio is almost the same as that 
obtained from the linear phase additions of r.f. signals. 
This is the system which has been adopted and is described 
in this report. 



3. General arrangement of diversity system 

The general arrangement of the diversity system using 
four receivers is shown in Fig. 1. The aerials are distributed 
around the studio in well-separated locations and the con- 
nections between them and the receivers are by way of 
standard co-axial feeders. 

The receivers are required to produce normal audio 
signals and, in addition, a signal which is proportional in 
magnitude to the input r.f. signal level. In the combiner 
the latter signals, shown as VC1, VC2, VC3, VC4, are fed 
to a function generator, where arithmetic processing is per- 
formed on them to produce control voltages for the audio 
weighting networks, which adjust the relative magni- 
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to be coherent and can be added linearly, while the noise 
voltages are assumed to be random. In practice the a.f. 
signal voltages,? at the outputs of the receivers are arranged 
to be equal, so that the weighted combination of signals 
gives a resultant signal-to-noise ratio. 
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Fig: 1 - Radio microphone diversity receiving system k 1 , k 2 . . . k p being the weighting coefficients. 



tudes of the contributions from the receivers. The separate 
audio signals are then summed in the analogue adder. 

4. Design philosophy 

4.1 Weighting coefficients 

The audio weighting networks are required to control 
the amplitudes of the audio signal contributions from the 
receivers so as to ensure that the maximum signal-to-noise 
ratio is obtained when these contributions are summed. 

Above the f.m. threshold the theoretical signal-to- 
noise ratio at the output of a f.m. receiver rises linearly with 
input r.f. signal level, in practice, however, the signal-to- 
noise ratio tends to a nearly constant value once the noise 
in the output of the demodulator becomes comparable 
with that generated in the audio stages of the receiver. 
The audio contributions from receivers fed with an input 
signal above this level, should preferably be combined 
with equal weights. A lower limit must also be placed 
oh what can be considered a usable signal because 
of greatly increased noise due either to failure of limiting 
or to reaching the f.m. threshold. 

The noise output from a receiver fed with input 
signal levels within the control range, is a direct function 
of the r.f. input amplitude. The addition of n unweighted 
receiver output signals gives a signal-to-noise ratio R 
defined by the expression: 



It is shown in the Appendix that optimum weighting occurs 
when 
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k aifid (N ) being the weighting coefficient and noise 
power of the eth source. 

Since, within the range of control, the noise output 
from each receiver is inversely proportional to its input 
signal V : 
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where S. . . . S and N . . . . N are the signal voltages and 
noise powers respectively. The signal voltages are assumed 



Fig. 2 shows the improvement in signal-t^-noise ratio result- 
ing from the use of these coefficients, as compared with the 
use of the best signal only. 

4.2 Processing of control voltages 

Fig. 3 is a circuit for processing the control voltages 
in accordance with equation 5. The law function is depen- 
dent upon the receiver characteristics; in the special case 
where the output noise power is inversely proportional 
to the r.f. input signal power a square-law function is 
required. 
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Fig. 2 - Signal to noise improvement 
(a) Three good signals and one poor signal 
(bj Two good signals and two poor signals 
(cj One good signal and three poor signals 
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A requirement of the receivers for use with the 
combiner is that they should all have more or less 
equal characteristics, although some variation in perfor- 
mance can be met in the design of the combiner itself. 
Of particular importance are the receiver sensitivity and 
a.m. -suppression characteristics. Typical performance 
curves of a commercial radio-microphone receiver are 
shown in Figs. 4(a) and (b). 

The voltage made available for control purposes 
must be reasonably linear with respect to the r.f. input 
voltage and must not be subject to limiting over the 
range of input voltages for which the combiner is intended 
to exercise control. By fitting a straight line to the curve 
in Fig. 4(b) the relationship between noise voltage N and 
control voltage Vc is found to be given approximately 
by N = kFc over the range of input voltages for 

which control is to be applied. The required weighting 
function according to Equation 5 becomes: 
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To realise the index 1-7 in the above equation would 
require complex digital circuits to perform log, multipli- 
cation and antilog operations. However, simpler circuits 
are involved if the index of 2 is used instead. The 
resulting loss in performance is small; the signal-to-noise 
ratio improvements using the optimum index and an index 
of 2 can be compared from Fig. 2. 

The a.m. suppression characteristic of the receiver 
is important because incomplete limiting can lead to impair- 
ment of the output signal quality, giving a lower signal-to- 
noise ratio than that indicated in Fig. 4(b). In the combiner 
the use of a.f. outputs from receivers fed with input signals 
below the level where limiter action fails are not used. 
Reference to Fig. 4(a) shows that this point is reached 
when the r.f. input is approximately 4/uV. 



5. The digitally controlled combiner 



Fig. 3 - Control voltage function generator 

The processing of control voltages before application 
to the weighting networks can be performed using either 
analogue or digital techniques. In the case of an analogue 
system, where the processing is performed on varying d.c. 
voltages throughout, a large number of preset controls 
are required. Experience with this type of equipment 
has shown that difficulty occurs in maintaining alignment 
of the circuit elements and the equipment is vulnerable to 
mechanical shock or disturbance. To ensure a robust 
and accurate control of signals, digital processing is 
employed in the equipment described in this report. 



The prototype digitally controlled combiner unit con- 
tains four receivers, four digitally-controlled audio pro- 
cessing units and a digital function generator. It performs 
the following operations on the control voltages from the 
receivers; conversion from analogue to digital form, 
multiplication, addition and division of digital signals and 
the digital control of the analogue audio signal. 

The combiner must be capable of following the 
variations of the r.f. signals applied to the receiver 
inputs without undue delay so that the effects of low 
signals are eliminated before they influence the audio 
output. At Band III frequencies, the maximum allowable 
time constant for the detector circuit is estimated at 2-3 ms, 
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derived in the following way. Suppose that the mean r.f. 
voltage at the receiver input is 1 mv and that the user 
walks at 6 mph through the standing-wave pattern, crossing 
zeros at half-wave intervals. Approaching a zero, the 
r.f. voltage at the receiver input will fall from the maximum 
control value (approximately 100 /xV) to zero in 6-4 ms. 
The detector output must fall to the minimum value in 
the control range corresponding to 6 //V r.f. input to the 
receiver within this period. This is determined by the 
detector circuit discharge time constant T which satisfies 
the following relationship 



T = 



log e 



•06 



putting t = 6-4 ms, T = 23 ms. 



The rate of change of field strength calculated in this 
manner is about four times faster than that obtained from 
propagation test results; the recordings, however, may 
have been limited by recorder response time. 

Although considerable flexibility could be allowed 
in the choice of sampling rate for conversion of the 
control voltages to digital form, it was considered that 
the automatic adjustment to the audio channel should be 
made in small increments and a sampling rate of 16-6 kHz 
is used for each channel to achieve this. A frequency above 
the audio band is necessary to avoid coupling into audio 
stages. 

To economise in components, sequential sampling 
of control voltages is used in the equipment. This is 
carried out during one cycle of the 16-6 kHz period. A 
commercially available analogue-to-digital convertor (a.d.c.) 



has been used in the combiner and most of the logic has 
been constructed from TTL integrated circuits. The 
digital/analogue multipliers (multiplying d.a.c.) used for 
the weighting networks are also available commercially 
and their performance is of particular importance to the 
operation of the combiner. Their characteristics include 
linearity to within one half of the least significant bit (l.s.b.), 
a small-signal bandwidth of 100 kHz and high attenuation 
when all control digits are at zero. One shortcoming of 
this device is that whenever the digital information at the 
inputs is changed, the analogue level change is accompanied 
by short duration (1 to 2/^s) glitch and other transient 
pulses. The amplitude of these pulses is dependent on 
the magnitude of the change of digital information and if 
not removed they will produce intermodulation products 
which may fall within the wanted band of frequencies. 
The problem can be overcome by using signal blanking 
pulses which are of sufficient width and frequency to ob- 
scure the unwanted pulses on the analogue waveform. 
The blanking rate must be at more than twice the maximum 
audio frequency to avoid the lower sideband frequencies 
produced by the product of the fundamental and harmonic 
frequencies of the blanking waveform and the audio frequ- 
ency, falling within the wanted audio-frequency band. 
The blanking rate used is in fact four times the sampling 
rate so that aliasing does not occur. 

A photograph of the prototype digital and analogue 
units is shown in Fig. 5. The audio and digital circuits 
have been kept, as far as possible, separate from each other; 
the receivers and audio processing boards are contained in 
one cabinet, the i.f. amplifiers and detectors and digital 
boards in the other. An audio output amplifier has also 
been included in the second cabinet. All interconnections 
between the units is via multi-core cables and coaxial 
feeders at the rear of the cabinets, except for the connection 
between the combined audio signal and output amplifier, 
which is made via a P.O. screened cord at the front of the 




Fig. 5 - Prototype combiner equipment 
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cabinets. R.F. input to the receivers is via BNC sockets 
at the rear of the cabinet containing the receiver. 

A schematic diagram of the combiner is shown 
in Fig. 6. The unit utilises sequential and simultaneous 
processing of signals. The first processes following the 
amplification and detection of i.f. signals are selection by a 
switching circuit and conversion to a parallel eight-bit 
binary code. This is followed by squaring in a multiplier 
stage and then storage. The process is repeated for each 
of the detected i.f. voltages, each squared output being put 
into its respective store. The outputs of the stores are 
summed and held to form the denominator for the divider 
unit. 

The next stage is to read the unsummed stored 
outputs sequentially into the numerator position in the 
divider circuit. Once division of one numerator is com- 
pleted a new numerator is loaded into the divider. The 
denominator, being held in a separate store, is retained until 
the sequence of division of all four numerators is completed. 
Each quotient is loaded into a separate shift-register store. 
While the division process has been in operation new 
data has been sampled by the a.d.c. and squared in the 
multiplier and is then held in the stores ready for the 
next division process. The existing data held in the shift 
registers is applied to the inputs of latch stores; a clock 
pulse applied simultaneously to all of these output latches 
transfers the data to their outputs, which in turn are 
connected directly to the digital inputs of the multiplying 
d.a.c.'s. Adjustment to the audio signal contribution 
from all receivers is effected in less than 2ms. Under 
low-signal conditions the logic circuits are arranged to 
eliminate the audio output from any receiver fed with a r.f. 
input signal of less than approximately 6 juV. This is 
achieved by setting up the sensitivity of the a.d.c. circuit 
so that when this r.f. signal level is applied to the receiver 
input terminals, a 1 appears in the l.s.b. position of the 
numerator, all other positions being zero. When the r.f. 
input is close to this level an unstable state could be 
reached whereby the logic circuits are not able to decide 
whether the input is above or below the drop-out value 
due to quantising uncertainty: this could give rise to noise 
at the output of the combiner. The problem is overcome 
by using a hysteresis circuit. Gates are used to detect the 
condition of all zeros appearing on the numerator output. 
When this occurs additional resistance is switched into the 
a.d.c. input before the conversion of the next sample of 
that particular channel is started. Once the input to that 
receiver rises 4 dB above the cut-off level, the added 
resistance is removed from the circuit. 

The audio outputs from the receiver are combined 
in a virtual-earth adder circuit. The combined audio signal, 
which still has the glitch pulses superimposed on it, is 
passed through a blanking network and low-pass filter to an 
output amplifier. 

5.1 Receivers 

The receivers are of a commercial type designed for 
use with radio microphones at 174-1 MHz. These are 
standard receivers apart from the added facility of provi- 



ding a sample voltage of the second i.f. at a nominal 
frequency of 300 kHz for control purposes. 

5.2 Timing generator 

Fig. 7 shows the timing generator pulse waveform 
and Fig. 8 the generator circuit. The master clock 
generator produces a square wave and its complement 
at a rate of 800 kHz. The leading edges of these waveforms 
are used to trigger monostables IC1 and IC3 which in 
turn produce 200 ns wide clock pulses CP1 and CP2. 
All other timing pulses are produced from CP1 and CP2 
using three counters and one five-bit shift register in 
conjunction with other logic elements. 

5.3 Control signal amplifier and detector boards 

The amplifiers have been developed as a standard card 
providing a gain of up to 60 dB with wideband character- 
istics (10 Hz - 2 MHz). When used for i.f. amplification, 
the low-frequency response is reduced by using small 
valued coupling capacitors between feedback pairs of 
transistors and the gains are adjusted to compensate 
for differences in receiver i.f. output level. Four i.f. 
amplifiers, one for each channel, are mounted on a single 
board. 

The detector circuits have been designed with a time 
constant of 2-3 ms. This is sufficiently fast to meet the sig- 
nal variation requirements and slow enough to reduce 
the effect of amplitude modulation on the i.f. waveform 
produced by the transmitter or by the selectivity character- 
istics of the receiver. 

The d.c. voltages from the detectors are fed via 
emitter follower stages to an analogue multiplexer switch. 
The switch (CD 4016) is controlled by a SN7401AN 
gate, the latter forming a suitable interface between 
TTL and CMOS logic voltages. Sequential switching is 
provided with the timing waveforms T1a to T1d. The 
detectors and multiplexer switch are mounted on a 
single board which is separate from the i.f. amplifier board. 

5.4 A.D.C. and multiplier board 

A commercially available eight-bit a.d.c. having a 
maximum conversion time of 5/is is used. Input to the 
a.d.c. is from the detector board via a hysteresis switch on 
the zero detector and indicator board. The parallel outputs 
from the a.d.c. are applied directly to the multiplier 
inputs. The conversion is initiated by pulse T2, applied 
to the strobe input terminals (A busy bit is available from 
the unit; this is not used except for test purposes). A 
circuit diagram of the multiplier stage is shown in Fig. 9. 
The basic operations for the multiplier are to shift and add. 
A clear pulse T3 is applied to the shift registers followed by 
a preset enable pulse T4, which loads in data applied to 
the register preset terminals. Data fed to shift registers 
IC1, IC2 and IC3 is loaded with the most significant bit 
(m.s.b.) last and to shift registers IC4 and IC5 with it first. 
Operation of the shift registers is shift down with clock 
pulse CK1. The serial output (l.s.b. first) from IC4 is 
used to gate the parallel outputs of IC1, IC2 and IC3, 
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F/gr. 9 - A.D.C. and multiplier circuit diagram 



before application to the A inputs of the adder stages. 
The sum outputs of the adder stages are connected to 
SN7474 latches whose outputs form the output of the 
multiplier. During the interim period, before the final 
product is formed, the output from the latches is in partial 
product form and is fed back to the B inputs of the adder 
stages. Delayed-clear, preset and clock pulses T3, T4 and 
CK1 are also used to control operation of the latches. 
Multiplication is completed following the seventh pulse of 
CK1. The circuit has been arranged to provide a ten-bit 
output. 

5.5 Storage, adding and multiplex board 

Storage of data input from the multiplier is accom- 
plished in latch sets 1 to 4 (shown in Fig. 6). Selection of 
data entry into storage is by way of pulses T5ato T5d 
applied to the appropriate latch clock terminals. The latch 
outputs are summed in adder stages to form a ten bit 



denominator for the divider and are fed directly to 
the divider board. The unsummed outputs of the 

latches are gated to provide sequentially timed eight 
bit numerators for the divider; gating pulses are 
provided by pulses T1a, T1b, T1c and T1d. 



5.6 Zero detector and indicator board 

The input to the board is the sequentially-selected 
numerator from the storage, adding and multiplex board. 
An arrangement of nor and nand gates is used to detect a 
condition of all zeros occuring in a numerator. When this 
occurs the logic output is used to change the potential 
applied to the control input of the hysteresis switch. 
Operation of the switch causes extra source resistance 
to be added into the input circuit of the a.d.c. when the 
signal strength to a particular channel falls below a pre- 
determined level. 
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The zero detector logic output in conjunction with 
timing pulses T5a, T5b, T5c and T5d is also used to trigger 
1 -second monostables. The output pulses of the mono- 
stables are used to switch transistor circuits driving light- 
emitting diodes. The diodes are mounted on the front 
panel of this board; operation of a diode indicates that 
a particular channel has dropped out of use. 

5.7 Divider board 

The basic operation of the divider circuit is to compare 
and shift or to subtract and shift. A schematic diagram of 
the divider circuit is shown in Fig. 10. 

Subtraction is performed by adding the two's com- 
plement of the denominator to the existing numerator at 
each stage of the division process. A sign bit is used to 
compare the magnitude of the numerator with that of the 
denominator. If the numerator plus complemented denomi- 
nator produce a sign bit of 1 or the shifted numerator 
produces a sign bit of 1, the answer is 1 and the sum of 
numerator plus complemented denominator less the m.s.b. 
is shifted one place up to form a new numerator. 
If the result gives a sign bit of 0, the answer is and the 
new numerator is the old numerator shifted one place up. 
In this divider the sign bit indicating the result of sub- 
traction is the reverse of the usual convention for two's 
complement arithmetic; this is the result of not com- 
plementing the sign bit of the denominator. 

The denominator is fed to latches SN7475 from the 
digital multiplex, add-and-store board and following appli- 
cation of pulse T6 to the latch clock terminals the denomi- 
nator is stored for the whole period of division of all four 
channel numerators. The latch outputs are inverted and 
applied to the B inputs of the adder units; a 1 is added 
into the l.s.b. position on the adder stage to form the two's 
complement. The numerator is gated into flip-flop 

stages, whose outputs less the m.s.b. are fed to the A 
inputs of the adder stages. Numerator inputs 9 and 10 
are not used, but are earthed. The m.s.b. of the numerator 
output and the carry-out of the m.s.b. adder stage form the 
inputs to a dual input nor gate, (1CI7a) controlling the 
nand gates which return and shift the numerator or the 
remainder from the adder stage outputs as a new numerator 
to the D inputs to the flip-flop stages. It also provides the 
inverted data output from the divider. The logic system 
determining the new numerator is as follows:- if A repre- 
sents the numerator held at the Q outputs of the flip-flop, 
B the remainder from the adder stages and C the output of 
ICI7a, the logical expression for the output is:- 



A.-C • OB which simplifies to A-C + C-B by de 
Morgan's rule. It can be seen that if C = 1, the output is A 
or if C = 0, the output is B. 

Clock puises CK2 are applied to the flip-flops after 
each comparison or subtraction. The output from the 
divider is 10 bits in serial form. In the operation of the 
divider, the initial conditions are such that the numerator 
is never greater than the denominator. Under conditions 
where all four channels have very low input signals, the 



numerators and denominator may be zero, and the comple- 
mented denominator will produce a sign bit of 1. This has 
the effect of raising the output of all channels by 6 dB when 
in fact, zero output is actually required because the audio 
output from the combiner would be of poor quality. 
Additional logic circuits have been included to overcome 
this problem. Following detection of all zeros in the 
denominator input, the 1 normally added into the l.s.b. 
position of the adder stage is removed. 

5.8 The audio processing boards 

The audio processing boards comprise: audio ampli- 
fier, low-pass filters, multiplying d.a.c. and digital stores. 
Four audio processing boards are used in the combiner 
unit, each board processing the audio signal from one 
receiver. The schematic diagram is shown in Fig. 11. 
The audio outputs from the receivers at microphone level 
are fed through 1:3 turns-ratio transformers and amplified 
to z,ero level; they are then passed through three-section 
low-pass filters having cut-off frequencies of 15 kHz 
and stop-band loss of greater than 60 dB, to the input 
of the multiplying d.a.c. units. Filtering at this stage is 
most important since out of band signals passed to later 
stages would produce intermodulation products falling 
within the audio bandwidth. The serial digital information 
from the divider is gated to the appropriate shift register 
input by timing waveform T1a to T1d. The data is 
shifted into the shift registers with timing pulses CK3 to 
CK6. Once the sequence of loading shift registers on all 
four boards has been completed, the parallel output infor- 
mation is transferred to the final latch store output by 
timing pulse T6. The latch outputs are fed directly to the 
multiplying d.a.c. input terminals and the adjustment of 
audio levels completed in less than 2jUs. This information 
is held until the whole sequence of processing of new 
data has been completed. 

5.9 Analogue adder and signal blanking board 

The audio outputs from the audio processing boards 
are fed into a virtual-earth integrated-circuit adder stage, 
the output of which is fed to a blanking switch (CD4016), 
The switch is arranged to provide series and shunt path 
switching so that, when in the blanking mode, negligible 
output is passed to the following circuits. The switch is 
supplied from +6v and — 6v rails and the TTL to CMOS 
interface circuit used for controlling the switch is capable of 
producing a fast voltage swing between the two rail 
voltages. The circuit is shown in Fig. 12. 

The output of the blanking switch is coupled to an 
emitter follower stage feeding the final low pass filter. 
The blanking pulse width is adjustable and set to approxi- 
mately 3/xs. Triggering of the blanking circuit is provi- 
ded by pulse T12; the repetition rate is 66 kHz. The audio 
output is fed to a P.O. type socket and the level is at 
-10 dBm into an unbalanced 600£2 load. 

5.10 Audio output amplifier 

A MC1433G integrated circuit amplifier feeding a 
LL/106SA transformer provides a gain of 10 dB and 
balanced output into a 600£2 load. 
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5.11 Power supplies 

Regulated power supplies have been produced on a 
separate chassis mounted at the rear of the digital arithmetic 
processing cabinet. This provides +30v, +1 2v, +1 5v, —1 5v 
and five 5v supplies 



6. Performance 

The overall signal-to-noise ratio of the whole system 
measured under the best conditions in the laboratory 
environment was 67 dB. The theoretical signal-to-noise 
improvement of 6 dB over a single receiver output has 
not been fully achieved due to some residual noise from 
the digital circuits; the actual improvement is about 4 dB. 



The audio frequency response is from 50 Hz to 15 kHz. 
The overall distortion is not greater than 0-6%. 



7. Conclusions 

Tests carried out in a three-storey building in which the 
radio-microphone transmitter was carried into many areas, 
along corridors, up and down staircases etc., illustrated 
the system working at its full extent. In this case, the 
availability of signals from four pick-up aerials placed at 
various points in the building was random and changes 
between usable received signals also occured in an unpre- 
dictable fashion. In this circumstance, the high speed and 
automatic operation of the combining system provided a 
continuous noise-free output. 
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The preceeding sections have described in some detail 
the equipment associated with a quadruple diversity 
reception system specially designed for radio microphone 
applications in television studios. 

Preliminary tests on the complete system have 
clearly shown the great advantage obtained from it when 
radio-microphone operation is required in a complex or 
extended area. Probably the most powerful attribute 
of the system is its ability to select and suppress the outputs 
from receivers at high speed without any audible indication 
of the change-overs. 
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Appendix I 
Optimum Weighting 



The signal/noise ratio after combination is given in Section 4 as: 

R = s-x-y" Y2 



when 



n n 

■ ^ td 'S™^ 

= / k and Y = ^_, 



K 2 N 2 
y v 



y = 1 



Partial differentiation with respect to one of the weights, k , gives 



Now 



ax 3 , 9Y 

— y- 1/2 - 1 / 2 X-Y" • — 



9k„ 



9R 

— = S 
3k e 

ax 

— = 1 and by constraint 
9k„ 



9k_ 



X = 1 

3R 



/ 1 9Y \ 

— equals zero when ( 1 — 1 / 2 Y • — ] = 

9k Q \ 9k„ 



i.e. when 



K N " 
e e 



[i 
■^ — ^ 



k 2 N 2 
y y 



y=i 



For maximum signal-to-noise ratio all the partial derivations 



9R 9R 



9k- 9k 2 



9R 



9k 



must be zero so that 



k l N / = *2 N 2 ' 



k N ' 

n n 



^ K 2 K 2 = A, say 



v v 



y=i 



Hence 



k = A/W 



Since 






1 A 

e > 



r ii 

_^ 1 



-1 



y = 1 



y = 1 



and 



k e = 



y=l 



C LA/AM P 



RA-140 



15- 



Appendix II 



The propagation conditions in a television studio are 
such that the received field strength at a single fixed 
receiving point varies considerably as the transmitter is 
moved over the working area. Fig. 13 shows a typical 
example of the regions of a studio floor area where the 
density of poor positions for the transmitter in relation to 
two receiving aerials is greatest and where for either receiving 
aerial, signal drop-out is very likely to occur. The map 
(based on Band III field strength recordings) applies to a 
studio partially furnished with scenery and shows the situa- 



tion with two aerials positioned approximately as indicated. 

The map shows that two-aerial diversity can fail in 
certain areas but it has been demonstrated that a four 
fold system gives complete coverage. It should be remem- 
bered that the case depicted does not take account of the 
continuous variation of propagation conditions which occur 
during an actual studio production. This variability of 
conditions makes four fold diversity even more important 
if continuous operation is to be ensured. 



receiving aerial 2 




receiving aerial 1 



Fig. 13 - The areas of a studio floor where drop-outs have a high probability of occurrence 

contours relating to receiving aerial 1 

__ _ __ __ contours relating to receiving aerial 2 

// / / / // S overlap of areas relating to receiving aerials 1 and 2 
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